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IN THE UNITED STATES PATENT AND TRADEMARK OFFICE 



In re Patent Application of 
Gerhard ZIMMERMANN 
Application No.: UNASSIGNED 
Filed: June 28, 2001 

For: TRANSMISSION SYSTEM WITH ECHO 
CANCELLATION 



Group Art Unit: UNASSIGNED 
Examiner: UNASSIGNED 



PRELIMINARY AMENDMENT 



Assistant Commissioner for Patents 
Washington, D.C. 20231 

Sir: 



Prior to examination, please amend the above-identified application as follows: 



TN THE CLAIMS : 

Please replace claims 3 and 7 as follows: 

3. (Amended) Transmission system according to claim 1, with an echo 
cancellation unit comprising a delay line consisting of several delay elements, wherein the 
first delay element of the delay line has a relatively high memory delay time that is 
substantially equal to the minimimi overall propagation time of the voice data signals in 
both directions of the data network. 



7. (Amended) Method according to claim 5, wherein when one or several data 
packets have gotten lost, the respective preceding voice data packet is repeated. 



Please add the following new claun 13: 




Application No. UNASSIGNED 
Attorney's Docket No. 032287-023 



13. (NEW) Method according to claim 4, wherein when one or several data 
packets have gotten lost, the respective preceding voice data packet is repeated. 



The above changes to the claims have been made to delete multiple dependency of 
the claims, to round out the scope of patent protection being sought, and generally to place 
the claims in better condition for examination on the merits. 

Respectfully submitted. 
Burns, Hoane, Swecker & Mathis, L.L^ 



REMARKS 



By: 




P.O. Box 1404 

Alexandria, Virginia 22313-1404 
(703) 836-6620 



Date: June 28, 2001 



Application No. UNASSIGNED 
Attorney's Docket No. 032287-023 

Attachment to Amendment dated June 28. 2001 

Marked-up claims 3 and 7 

3, (Amended) Transmission system according to claim U [or 2] with an echo 
cancellation unit comprising a delay line consisting of several delay elements, wherein the 
first delay element [(20)] of the delay line has a relatively high memory delay time that is 
substantially equal to the minimum overall propagation time of the voice data signals in 
both directions of the data network [(1)]. 

7. (Amended) Method according to [one of the claims 4 or 5] claim 5. wherein[,] 
when one or several data packets have [got] gotten lost, the respective preceding voice data 
packet is repeated. 
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TRANSMISSION SYSTEM WITH ECHO CANCELLATION 



The invention relates to a transmission system for transmitting speech infomiation within at least one 
data transmission network, such as LAN, intranet, internet, connecting several subscribers, in which 
transmission is carried out by means of data packets on the basis of at least one shared protocol, e.g. 
Internet protocol, and each subscriber is connected to the network via a voice data transmission unit, 
possibly an analog-to-digital converter and a digital-to-analog converter, comprising a transceiver unit 
and a voice data conversion unit as well as a speaker and an earpiece unit connected to said voice 
data transmission unit, the speaker unit or the inserted analog-to-digital converter being connected to 
the transmission unit via an addition input of an echo cancellation unit and the output thereof, and a 
subtraction input of the echo cancellation unit being connected to the earpiece unit or to the inserted 
digitai-to-analog converter. 

In networks such as, e.g. LAN, Intranet, Internet or the like which foot on a standardized protocol, e.g. 
the Internet protocol, each network subscriber is assigned an address from which data are sent to 
other subscribers or at which data sent by other subscribers can be received. Since speech may also 
be transmitted in the form of digital data, such data transmission networks may also be used for 
transmitting speech. Within the scope of the invention, the type of the network and of the transfer 
protocol are not limited to the above mentioned known denominations, the invention may also be 
used for any connected networks that may be interconnected through gateways at certain points. 

In heretofore known speech transmission systems of the type mentioned herein above, speech 
transmission is carried out In defined packets that are sent from the transmitter station to a receiving 
subscriber which receives them. For this purpose, the packets are composed in consecutive 
sequence of the digitized sampling values of the speech signal to be transmitted and can be coded 
accordingly for transmission on the transmitter side and decoded upon reception on the side of the 
receiver. The received sampling values are again combined into a speech signal, speech signal 
meaning all the acoustic vibrations lying in the audible range. Unlike transmission over telephone 
lines, the peculiarity of speech transmission in data transmission networks consists in that the 
transmission bandwidth is not always guaranteed by the provider. Depending upon the presence of 
free lines, constant alterations of the path provided over which the data packets are transmitted 
likewise occur at different nodes. On account of the differing transit times or the differing data paths, 
data packets that have been sent later may arrive earlier at the receiver's than data packets sent 
earlier. Due to such delays, it may happen that discrete data packets do not arrive at the right time at 
the receiver's, thus not being available in time. Furthermore, the data packets may get lost on account 
of transmission errors. 



In greater networks such as e.g. Internet, the variations in transnnission time delays are dearly 
noticeable and depend on the respective load placed on said network at this very moment by the 
different subscribers. Besides changes due to the time of the day, certain occurrences may bring 
about retardations that are in no way foreseeable. 

A system for switching and transmitting speech signals over a packet switching net, more specifically 
over the Internet, and a conventional telephone network is described In WO-A-97/14238 for example. 
This system permits a telephone connection from a telephone terminal to a computer connected to 
the internet. 

In addition to the delay occurring in the transmission network, echo signals also disturb speech 
transmission. The acoustic coupling between a talking device, e.g. a microphone, and a hearing 
device, e.g. a loudspeaker, a phone receiver or the like in a handsfree equipment, in an earpiece or 
the like, or the electric coupling caused by a hybrid circuit of an analog two-wire phone line can cause 
such echo signals to form. 

Echo signals occur more specifically when the acoustic signals generated by a speaker return, more 
or less delayed, to his ear. When the time delay of the sound is relatively short, e.g. less than 1 ms, 
the arising echo does not cause any disturbances since the natural acoustic coupling between mouth 
and ear or sound reflections in the surroundings via mouth, wall and ears also occasion delays of the 
same dimension to happen, the human ear being permanently exposed to such delays so that they 
are no longer consciously perceived by men. 

With longer echo delay times that are generated by delays in the transmission path as they occur in 
speech transmission in packet oriented data networks and which may amount to up to several 100 
ms, the echo, depending on its loudness, disturbs or makes communication almost impossible. 

Echos can be suppressed by appropriate subtraction of the delayed receiver signal from the signal to 
be transmitted. This may be performed either in the analog fomn by means of summing circuits or in 
the digital form by preferably using a Digital Signal Processor (DSP). The invention is suited to both 
analog and digital echo cancellation. 

Since expenditure and complexity of an echo cancellation unit is proportional to the maximum echo 
delay time, the attempt is being made to locally suppress the echos on either side of the network, that 
is on both the receiver and the transmitter side when transmitting speech over the data network, thus 
to prevent echos from being transmitted over the data network. 

in case however, the echo cancellation system should fall to work on the side of one subscriber, or 
should it not have been implemented owing to the cost it would have involved, the echo created there 
will be transmitted unhindered to the subscriber connected with the first one and will disturb there the 



course of the conversation . 

The conventional echo cancellation units that can overcome such echos are mainly designed for 
transmissions over the telephone network telephony system and therefore for fixed, relatively short 
delay times. For speech transmission over a packet oriented data network with delay times ranging 
from 500 ms to 1500 ms though, these known units are only efficient to a limited extent 

Due to the specific properties of a packet oriented speech transmission, a conventional echo 
cancellation unit may even cause the echo behavior to worsen. If, on account of the permanently 
changing network properties for example, the echo signal is shifted relative to its original time 
position, both the echo and the delayed and inverted signal produced for echo cancellation are 
suddenly to be found in the receiver channel and are no longer canceling out. This condition is kept 
up until the echo cancellation unit has adjusted anew. 

If on the contrary, individual data packets get lost during transmission, the inverse signal suddenly 
becomes audible because it does not meet with the lost signal to be erased. 

It is therefore the object of the invention to indicate a transmission system of the type mentioned 
herein above that makes it possible, in a technically easy and reliable manner, to erase echos for high 
delay times, more specifically in packet oriented data transmissions. 

This is achieved according to the invention by providing an additional echo cancellation unit with an 
addition and a subtraction input, the output thereof being connected to the earpiece unit or to the 
inserted digital-to-analog converter and wherein the subtraction input is connected to the transmitter 
unit of the voice data transmission unit and the addition input is connected to the receiver unit of the 
voice data transmission unit. 

As a result thereof, the echo generated by the subscriber located on the respective other side of the 
data transmission network is eliminated by subtracting from the returned echo signal the voice 
signaKs) or speech information originally produced in the speaker unit and delayed by at least the 
network delay time. As described herein above, subtraction may be carried out either in the analog or 
digital form. 

In another embodiment of the invention, there may be provided that the additional echo cancellation 
unit has a control input for controlling a memory delay time of the voice signal or of the speech 
information that corresponds to the minimum delay time of the networtc, the control input being 
connected to the output of a control unit connected to the voice data transmission unit 



The control unit allows to determine the instant network delay time or to detect lost data packets and 
to suppress an accordingly delayed and inverted transmitter signal in order to prevent the inverted 
signal formed in replacement of the lacking data packet from reaching the earpiece unit 



According to another ennbodiment of the invention, there may be provided in a transmission system 
with an echo cancellation unit comprising a delay line consisting of several delay elements that the 
first delay element of the delay line has a relatively high memory delay time that is substantially equal 
to the minimum overall delay time of the voice data signals in both directions of the data network. 

Although echo signals may even occur in a delay scope of max. 64 ms, the overall delay time for the 
data network is ten- to twenty-fold. The expenditure for the delay elements and for the calculation of 
the coefficients related thereto increases proportionally to the maximum echo delay time, instead of 
providing for a conventional delay line with an evenly distributed number of delay elements with 
tappings for weighting the delayed signal with coefficients k arranged therein between, the first delay 
element fitted with a relatively high memory delay time makes a delay time possible that corresponds 
to the minimum overall delay time of the voice signals in both directions. Transmission cannot be 
carried out with less delay time, so that the number of delay elements with tappings corresponding to 
said delay time can be combined into this first delay element. The echo cancellation unit then 
operates with a basic delay of, e.g. 600 ms and with a variable delay range of, e.g. 600 ms to 800 ms. 
On account of the overall delay time within the data transmission network, no echo signals can form 
within the range of the basic delay so that the corresponding tappings and coefficients k may be 
saved. The advantage now lies in the fact that, as a result thereof, the echo cancellation unit spends 
much less computing power and memory since both less coefficients k need to be computed and less 
multiplications must be carried out for computing the inverse delayed signal 

According to another embodiment of the invention, the memory delay time of the first delay element of 
the delay line can be controlled through the voice data transmission unit, preferably by interpreting the 
time information of the real-time protocol. This makes it possible to permanently adjust the basic delay 
time of the transmission network, so that the number of the required delay elements may be kept 
accordingly low. 

Furthermore, the invention relates to a method of transmitting speech information within at least one 
data transmission network, such as LAN, Intranet, Internet, connecting several subscribers, in which 
transmission is carried out by means of data packets on the basis of at least one shared protocol, e.g. 
Internet protocol, the speech information received by each subscriber through a receiver unit being 
converted into a voice signal and reproduced through an earpiece unit and the voice signal generated 
by each subscriber by way of a speaker unit being converted into speech infomnation and transmitted 
in a transmitter unit, the speech information received through the receiver unit or the speech 
information converted into a voice signal being delayed and weighted with coefficients and subtracted 
from the voice signal generated in the speaker unit or from the voice signal converted into a 
corresponding speech information for echo cancellation. 

It is the object of the invention to indicate such a method by which echo cancellation can be realized 
even with long and changing delay times within the data transmission network. 



This is achieved in accordance with the invention in that the voice signal or speech information 
producing the echo(s) that has been delayed by at least the network delay time by means of a delay 
line and weighted with the coefficients is subtracted from the echo signal created at the respective 
other subscriber and transmitted over the data transmission network on the side of the subscriber 
connected to the first one. 

As a result thereof, the echos which return to the subscriber that had them produced through 
transmission in packet oriented networks may also be erased. In taking into consideration the network 
delay time when delaying the originally produced voice signal(s) or speech information, the therefore 
required expenditure can be substantially reduced. Subtraction may be carried out either in the digital 
or in the analog form. 

In another embodiment of the invention there may be provided that the loss of data packets arising 
from transmission is detected and the subtraction of the corresponding, delayed voice signal or of the 
corresponding, delayed speech information is suppressed accordingly. 

In this way, an inverse signal is prevented from forming that would not cause an echo to be erased 
when a lost data fails to appear but that would give rise to an echo signal Itseif. 

There may further be provided that, when one or several data packets have got lost, the respective 
preceding voice data packet is repeated. 

The receiver unit repeats the last data packet in order to bridge the pause occurring when a data 
packet gets lost Here, the echo cancellation unit would generate a wrong signal since it is fed with 
the data sent on its side. The receiver unit however hereby doubles the old data packet which do not 
match the originally sent data. As a result thereof, either the echo cancellation is blocked or the last 
data packet is fed once more at the subtraction input of the echo cancellation unit. 

Accordingly, there may be provided that, on repeating the respective preceding voice data packet, the 
subtraction of a corresponding voice signal or of a corresponding speech information on the side of 
the connected subscriber is suppressed. Any echo erasure is thus prevented and inverse voice 
signals or inverse speech information within the echo cancellation unit cannot be produced wrongly. 

According to another variant of the invention there may be provided that, on repeating the respective 
preceding voice data packet, the mating, stored voice signal or the mating, stored speech information 
respectively of the connected subscriber is subtracted with delay and weighting. As a result, the 
respective right inverse voice signal or the respective right inverse speech information can be 
subtracted for the repeated voice data packets. 

There may be further provided that the coefficients k of the delay line are set to zero when the 



network delay time changes. 



In case no statement can be made with regard to the height of the change, this measure makes sure 
that no wrong echos are generated and reproduced. 

According to another variant there may be provided that the change in network delay time Is 
measured and that the values of the coefficients k assigned to the delay elements (20, 22, 23) are 
shifted within the delay line according to this change. 

The controllability of the memory delay time can thus be realized in an easy way. 

This shifting may preferably be performed automatically in that, in another embodiment of the 
invention, the memory delay time of the first delay element with the relatively high delay time is 
controlled through the voice data transmission unit by preferably interpreting the time information of 
the real-time protocol and wherein shifting of the coefficients k within the delay line is automatically 
carried out with the change of the delay time of the first delay element. Due to the relatively long delay 
time of the first delay element and to its controllability, echo cancellation can be accomplished with 
always the same computing power inrespective of the network delay time. 

The invention is explained in detail herein after with the help of the exemplary embodiments illustrated 
in the enclosed drawing. 

Fig. 1 is a block diagram of a portion of a transmission system according to the state of the art; 

Fig. 2 is a block diagram of an embodiment of the transmission system according to the invention; 

Fig. 3 shows an echo cancellation unit of the prior art; 

Fig. 4 shows another embodiment of the transmission system of the invention; 

Fig. 5 shows an echo cancellation unit for a transmission system according to the invention; 

Fig. 6 is a block diagram of another embodiment of the transmission system according to the 
invention; 

Fig. 7 is a partial view of another variant of the transmission system according to the invention and 
Fig. 8 shows a detail of the block diagram according to Fig. 6. 

Fig. 1 shows a portion of a transmission system for transmitting speech information for several 
subscribers of a data transmission network 1, a voice data connection between two subscribers 50, 



51 being more specifically depicted. Each subscriber is equipped with one speaker and one earpiece 
unit 6, 6* and 7. T by way of which a voice signal can be created or made audible. The data 
transmission network 1, over which the voice data are transmitted, and which is indicated in Fig. 1, is 
the internet with the IP-(lnternet Protocoi)-protocol shared by all the subscribers. Within the scope of 
the invention, the voice data transmission may be performed over any discretional, similar data 
transmission network, e.g. LAN, Intranet, or the like. The data to be transmitted are divided into data 
packets and are interchanged between the subscribers during transmission, the routing of the data 
packets within the respective network being conducted according to the available transmission lines. 
Several interconnected networks may also be used for such a speech transmission, appropriate units 
must however be provided for conversion, when the protocols differ in these networks. 

In many cases, transmission of the data packets takes place on the basis of the Internet Protocol (IP), 
each subscriber being connected to the IP-network 1 over a receiver and a transmitter unit contained 
in a voice data transmission unit 3. 

The voice data transmission unit 3 further comprises a voice data conversion unit for converting the 
data packets into a voice signal and vice versa. 

Furthermore different signal encoding techniques, e.g. PCM encoding, may be used that are to be 
taken into consideration on reception and transmission. 

The speech information received through the receiving unit by subscriber 50 is converted into a voice 
signal in the voice data transmission unit 3 and is redirected via the output 41 toward the earpiece unit 
7 where it is reproduced. The voice signal produced by subscriber 50 through the speaker unit 6 
reaches via an input 42 the transmitter unit where it is converted into speech information and 
transmitted, said transmitter unit being contained in the voice data transmission unit 3. Once a 
communication between subscriber 50 and subscriber 51 has been established over the data 
transmission network 1, subscriber 51 can make audible the voice signal produced in the speaker unit 
6 by means of his earpiece unit 7*after said voice signal has been converted into data packets and 
said packets transmitted and changed back. On his side, subscriber 51 can generate through the 
speaker unit 6' a voice signal that is audible to subscriber 50 after adequate transmission. During the 
conversation, the voice signal transmitted from subscriber 50 to subscriber 51 produces a reflection 
since said voice signal reaches the speaker unit 6* in parts through acoustic coupling or directly from 
the earpiece unit 7', where it is converted into a voice signal that corresponds to the transmitted voice 
signal with a lower amplitude. 

If subscriber 50 is active and talks into the speaker unit, e.g. into a microphone 6, the acoustic 
coupling of the speaker unit 6 and of the earpiece unit 7', e.g. a loudspeaker, causes an echo to arise, 
said echo being erased by the echo cancellation unit 5* in that the delayed voice signal proceeding 
from the receiver unit of unit 3' to the subtraction input 11' is subtracted from the voice signal 
generated In the speaker unit 6\ in the same way, the acoustic signal occasioned by the earpiece unit 



7 will partially reach the speaker unit 6 and would be sent back as an echo to subscriber 51 over said 
speaker unit. The voice signaf emitted through the earpiece unit 7 is now subtracted from the signal 
generated in the speaker unit 6 in the echo cancellation unit 5 and is thus freed from the echo. 

In case of a breakdown of the echo cancellation unit on the side of subscriber 51 or in case it has not 
been implemented owing to the cost it would involve, the transmission system according to Fig. 2 is 
extended on the side of subscriber 50. 

This is achieved according to the Invention by providing an additional echo cancellation unit 9 with an 
addition and a subtraction input 14, 15, the output 16 thereof being connected to the earpiece unit 7. 
The subtraction input 15 is thereby connected to the transmitter input 42 of the voice data 
transmission unit 3 and the addition input 14 is connected to the receiver input 41 of the voice data 
transmission unit 3. 

The voice signal producing the echo that has been delayed by at least the network delay time by 
means of a delay line and weighted with the coefficients k Is subtracted from the receiver signal 
created at the other subscriber 51 and transmitted over the data transmission network (1) on the side 
of the subscriber 50 connected to the first one. The transmission system according to the invention 
has been represented in Fig. 2 in a simplified fomi, analog voice signals being subtracted in the echo 
cancellation units 5, 9 in order to erase the echo signals. In modern systems, this echo cancellation is 
mainly carried out in the digital form, as shown in Fig. 6. In a general representation, an analog-to- 
digital converter 61 and 61* respectively and a digitai-to-analog converter 60 and 60' respectively is 
inserted each in the path leading to the speaker units 6 and 6' and to the earpiece units 7 and T 
respectively through which the analog voice signal to be transmitted is converted into digital speech 
information and the digital speech information that has either been received or that proceeds from the 
echo cancellation unit 9 is converted into an analog voice signal. It has thus clearly been defined that 
the echo cancellation itself occurs in digital form in the respective echo cancellation unit 5, 9. Fig. 8. 
displays a detail of the block diagram according to Fig. 6 for purposes of clarity. The echo cancellation 
unit 9 is realized in the form of a DSP or of a fast computer. In a practical realization, the echo 
cancellation unit 9 can be combined with the echo cancellation unit 9 in one single computer or DSP. 

While the echo cancellation unit 5 is still ... by a conventional system for suppressing echos with a 
delay time of 64 ms maximum, the other echo cancellation unit 9 must be capable of suppressing 
echo delay times ranging for example from 500 ms to 1500 ms since the full delay time of the data 
network 1 becomes effective between the subtraction input 15 and the addition input 14. For this 
reason, the known echo cancellation units are suited to be used in packet oriented transmission under 
very restricted conditions only. The way of operation of a known echo cancellation unit is therefore 
explained with the help of the representation in Fig. 3, the diagrams a, b, c, d illustrating the time 
taken by the respective signal at the places marked with the arrows pointing away from the diagrams. 
Again it is assumed that the echo cancellation can be performed in both the analog and the digital 
fomi. When the echo cancellation unit is of a digital design, the signals shown are digitized samplings 



or speech information. 

The voice signal proceeding from the receiver unit of the voice data transmission unit 3 is depicted by 
way of example in the diagram a of Fig. 3 and generates at the subscriber's 50 place one or several 
echos depending upon the type and length of the path on which the sound travels between the 
earpiece unit 7 and the speaker unit 6. As compared to diagram a, in diagram b, the echo signal is 
represented as an attenuated signal that is time-delayed accordingly. This signal b reaches the 
addition input 12 of the echo cancellation unit 9. Signal a is fed at the subtraction input 1 1 of the echo 
cancellation unit 9 so that it is inverted and delayed in a delay line with delay elements 21, 22. 23. 
Tappings 31, 32 at which the delayed signal can be tapped, attenuated with a coefficient k and 
brought to the summing point designated at are located between said delay elements. Even 
multiple echos can therefore be simultaneously compensated by way of these different tapping 
locations since an appropriate tapping location can be provided for each possible time position of the 
echo signal. 

The substantially echo-free signal d is generated by subtracting the delayed and attenuated signal a 
from the echo signal produced in the speaker unit 6. Several known methods are suited to compute 
the coefficients, a (N)LMS (Normalized) Least Mean Square-Fit can for example be performed by 
which the coefficients may be calculated for a minimum of the compensated signal. 

Such an echo cancellation unit of the prior art according to Fig. 3 is very well suited for conventional 
telephony applications but it performs its functions in a restricted manner only when speech 
transmission is to be carried out over a packet oriented data network. Both the complexity of echo 
cancellation and the adjusting time of the coefficients k increase proportionally to the maximum echo 
delay time on account of the high delay time within the data network 1. 

According to an embodiment of the invention, this problem can be eliminated by providing the first 
delay element 20 of the delay line with a relatively high memory delay time as this is shown in Fig. 5. 

Instead of employing a customary delay line provided with tappings from the time 0 up to the 
maximum echo delay time, the delay line starts with a delay element 20 with a relatively long memory 
delay time that substantially corresponds to the minimum overall delay time of the voice data signals 
in both directions of the data network. Then, the echo cancellation unit 9 is not effective for echos 
ranging from 0 to 800 ms like it was heretofore known for example, but only for echos ranging from 
600 ms to 800 ms. On account of the overall delay time through the data network 1, no echos can 
occur in this initial period of time. The advantage of this basic delay lies in the fact that the echo 
cancellation unit needs much less computing power of a signal processor for example and also much 
less memory since both less coefficients k must be calculated and less multiplications and additions 
respectively need to be carried out for computing the inverse delayed signal. 

Echo cancellation may be further enhanced when, according to an exemplary embodiment of the 



invention shown in Fig, 4, the additional echo cancellation unit 9 is provided with a control input 17 for 
controlling a memory delay time of the voice signal or of the speech information respectively that 
corresponds to the minimum delay time of the network, that is the afore mentioned overall delay time 
in both directions, the control input 17 being connected with the output of a control unit 18 connected 
to the voice data transmission unit 3. Like in the exemplary embodiment illustrated in Fig. 6, 
appropriate analog-to-digital converters and digital-to-analog converters respectively, and digital echo 
cancellation units 5, 9 can be again provided for. 

As a result ttiereof, different conditions can be signalized to the echo cancellation unit 9 via the control 
unit 18, A voice data packet that has got lost can thus be detected among the incoming data for 
example and the echo cancellation unit 9 can be controlled accordingly so that no wrong inverted 
signal c (Fig. 3) is produced that would not meet any matching signal b (Fig, 3), 

It is also customary to interrupt transfer during pauses occurring in speech. In order to prevent the 
missing data packets from causing the echo erasure times to be shifted, a recalculation of the 
coefficient may for example be prevented. 

On repeating the preceding voice data packet, it may also be attempted to produce the 
corresponding inverse signal. This is only possible though, when the voice data required therefore are 
still contained in the delay line. For this purpose, said delay line should be realized accordingly longer. 

In data networks in which the overall delay time can change, two improvements can alternatively be 
effected. 

if the change in the delay time is known but cannot be quantified, the coefficients k of the echo 
cancellation unit are simply set to zero in order to prevent a double echo from becoming audible. But 
if the change in the network delay time is known by way of an appropriate device, e.g. by interpreting 
the time infomnation of the real-time protocol, a permanent tracking of the delay time of the first delay 
element 20 (Fig. 5) with a relatively long memory delay time may occur so that very efficient erasure 
with little computing and storing capacity may be carried out. 

The change in the network delay time is thereby measured and the values of the coefficients k 
assigned to the delay elements 20, 22, 23 within the delay line are shifted back and forth with respect 
to time in accordance with this change. The memory delay time of the first delay element 20 with the 
relatively high delay time can be controlled by way of the voice data transmission unit 3 and the 
shifting of the coefficients k within the delay line can be performed automatically with the change of 
the delay time of the first delay element 20. 

The exemplary embodiment according to Fig. 7 shows a variant of the invention in which the speaker 
unit and the earpiece unit are realized by a subscriber terminal 70 that Is connected over a 
subscriber's line 71 to a user interface 72 that may be provided in the analog or digital form. The echo 



cancellation units 5, 9 of Fig. 6 are combined into an echo canceiiation unit 73. The further connection 
to the data transmission network occurs in the same way as in Fig. 6. As a result thereof, the echo 
cancellation according to the invention can also be used when a user interface is incorporated. 



CLAIMS 



1. Transmission systenn for transmitting speech information within at least one data transmission 
network, such as LAN, Intranet, Internet, connecting several subscribers, in which transmission is 
carried out by means of data packets on the basis of at least one shared protocol, e.g. Internet 
protocol, and each subscriber is connected to the network via a voice data transmission unit (3), 
possibly an anaiog-to-digital converter (61) and a digitai-to-analog converter (60), comprising a 
transceiver unit and a voice data conversion unit as well as a speaker and an earpiece unit (6, 7) 
connected to said voice data transmission unit, the speaker unit (6) or the inserted analog-to-digital 
converter (61) being connected to the transmission unit via an addition input (12) of an echo 
cancellation unit (5) and the output (13) thereof and a subtraction input (11) of the echo cancellation 
unit (5) being connected to the earpiece unit (7)or to the inserted digital-to-analog converter (60). 
wherein an additional echo cancellation unit (9) with an addition and a subtraction input (14, 15) is 
provided, the output (16) thereof being connected to the earpiece unit (7) or to the inserted digital-to- 
analog converter (60) and wherein the subtraction input (15) is connected to the transmitter unit of the 
voice data transmission unit (3) and the addition input (14) is connected to the receiver unit of the 
voice data transmission unit (3). 

2. Transmission system according to claim 1, wherein the additional echo cancellation unit (9) is 
provided with a control input (17) for controlling a memory delay time of the voice signal or of the 
speech information that corresponds to the minimum delay time of the network, said control input (17) 
being connected to the output of a control unit (1 8) connected to the voice data transmission unit (3), 

3. Transmission system with an echo cancellation unit comprising a delay line consisting of several 
delay elements, wherein the first delay element (20) of the delay line has a relatively high memory 
delay time that is substantially equal to the minimum overall propagation time of the voice data signals 
in both directions of the data network (1). 

4. Transmission system according to claim 3, wherein the memory delay time of the first delay 
element (20) of the delay line may be controlled by way of the voice data transmission unit (3), 
preferably by interpreting the time information of the real-time protocol. 

6. Method of transmitting speech information within at least one data transmission network, such as 
LAN, intranet, Internet, connecting several subscribers, in which transmission is carried out by means 
of data packets on the basis of at least one shared protocol, e.g. internet protocol, the speech 
information received by each subscriber through a receiver unit being converted into a voice signal 
and reproduced through an earpiece unit (7) and the voice signal generated by each subscriber 
through a speaker unit (6) being converted into speech information and transmitted in a transmitter 



# # 

unit, the speech information received through the receiver unit or the speech information converted 
into a voice signal being delayed and weighted with coefficients and subtracted from the voice signal 
generated in the speaker unit (6) or from the voice signal converted into a corresponding speech 
information for echo cancellation, wherein the voice signal or speech information producing the 
echo(s) that has been delayed by at least the network delay time by means of a delay line (21, 22, 23) 
and weighted with the coefficients (k) is subtracted from the echo signal created at the respective 
other subscriber (50, 51) and returned over the data transmission network (1) on the side of the 
subscriber (50, 51) connected to the first one. 

6. Method according to claim 5, wherein the loss of data packets arising from transmission is 
detected and the subtraction of the corresponding, delayed voice signal or of the corresponding, 
delayed speech information is suppressed accordingly. 

7. Method according to one of the claims 4 or 5, wherein, when one or several data packets have got 
lost, the respective preceding voice data packet is repeated. 

8. Method according to claim 7, wherein, on repeating the respective preceding voice data packet, 
the subtraction of a corresponding voice signal or of a corresponding speech information on the side 
of the connected subscriber is suppressed. 

9. Method according to claim 7, wherein, on repeating the respective preceding voice data packet, 
the mating, stored voice signal or the mating, stored speech information respectively of the connected 
subscriber is subtracted with delay and weighting. 

10. Method according to claim 5, wherein the coefficients (k) of the delay line (20, 22, 23) are set to 
zero when the network delay time changes. 

11. Method according to claim 5, wherein the change in network delay time is measured and the 
values of the coefficients k assigned to the delay elements (20, 22, 23) are relocated within the delay 
line according to this change. 

12. Method according to claim 11, wherein the memory delay time of the first delay element (20) with 
the relatively high delay time is controlled through the voice data transmission unit (3) by preferably 
interpreting the time information of the real-time protocol and wherein relocation of the coefficients k 
within the delay line is automatically carried out with the change of the delay time of the first delay 
element (20). 
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